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ABSTRACT
This paper proposes a practical approach to estimate the direct-to-
reverberant energy ratio (DRR) using a spherical microphone array
without having knowledge of the source signal. We base our esti-
mation on a theoretical relationship between the DRR and the co-
herence estimation function between coincident pressure and parti-
cle velocity. We discuss the proposed method’s ability to estimate
the DRR in a wide variety of room sizes, reverberation times and
source receiver distances with appropriate examples. Test results
show that the method can estimate the room DRR for frequencies
between 199 - 2511 Hz, with ±3 dB accuracy.
1. INTRODUCTION
The direct-to-reverberant energy ratio (DRR) is a helpful tool to
characterize reverberant enclosures. The DRR is also important in
speech processing and amplification applications, such as hearing
aids, speech recognition, or teleconferencing, as it either influences
the algorithm strategy or its success. Further, in psychoacoustics
the DRR is believed to be an important cue for the perception of
source-to-receiver distance.
Traditionally, the DRR is directly calculated from the room im-
pulse response. This approach is less feasible in practical scenar-
ios as it requires measurement of the impulse response. For this
reason, several authors have recently investigated the use of alter-
native blind-methods based on statistical approaches. Larsen et al.
[1] and Falk et al. [2] have proposed alternate methods to calcu-
late the DRR based on estimated room impulse responses. Even
though these methods perform well, they both require a priori pro-
cessing, and obtaining the respective prior information might be too
difficult due to the unstable nature of acoustic environments. An-
other approach for DRR estimation based on a binaural system was
proposed in [3] which uses directional filtering to extract the di-
rect path. The main drawback of this method is ignoring the fact
that there could be reverberant sound coming from the direct path
itself. A statistical approach based on spatial coherence matrix of
a microphone array output was recently introduced in [4], where
the broadband signal power of direct and reverberant components
are estimated using a least-squared method. This requires an esti-
mation of the direct path’s direction of arrival (DOA) and therefore
requires a priori processing, that is crucial to the DRR estimation.
To avoid pre-processing altogether, Kuster [5] later proposed
a purely analytical approach based on a mathematical relationship
between the DRR and and the magnitude-squared coherence esti-
mation function between coincident pressure and particle velocity.
Even though the DOA appears in the above relationship, it was
shown that reliable results can be obtained when it’s set to 0◦ as
long as the true angle between the direct path and velocity compo-
nent is smaller than 60◦. The microphone array used consisted of
two omnidirectional sensors and the particle velocity was estimated
from the gradient between them.
In this paper, we adopt the theory developed by Kuster, but
use a spherical microphone array consisting of 32 omnidirectional
sensors (Eigenmike). To apply the particle velocity concept in the
spherical harmonic/modal domain, we first derive three first order
harmonics, which individually represent velocities along three or-
thogonal directions at the origin [6]. These are then used to derive
the desired velocity component along the direct path. Instead of set-
ting the DOA to 0◦ as in [5], we estimated it utilizing the frequency
smoothed MUSIC algorithm for maximum accuracy.
2. PRELIMINARY: SOUND FIELD RECORDING USING
EIGENMIKE
The Eigenmike consists of 32 condenser microphones mounted on
the surface of a rigid sphere. Therefore we can use the rigid sphere
model to express the sound pressure on the surface of the Eigen-
mike.
The sound pressure at a point on the surface of a rigid sphere
is the combination of two components: the impinging wave and the
scattered wave. If we define a spherical coordinate with its origin
located at the center of a sphere with radius R, using the spherical
harmonic decomposition, the sound pressure P (r, θ, φ, k) at a point
on the surface of the sphere can be expressed as [7, 8]
P (R, θ, φ, k) =
∞∑
n=0
N∑
m=−n
αnm(k)bn(kR)Ynm(θ, φ), (1)
with
bn(kR) = jn(kR)− j
′
n(kR)
h
(2)
n
′
(kR)
h(2)n (kR), (2)
where k = 2pif/c is the wave number, f and c are the frequency
and the wave propagation speed, respectively. αnm are the spherical
harmonic coefficients, jn(kR) is the spherical Bessel function of
order n, h(2)n (kR) is the spherical Hankel function of the second
kind with order n, and Ynm(θ, φ) denotes the spherical harmonic
of order n and degree m. Ynm(θ, φ) has the orthogonal property∫ pi
0
∫ 2pi
0
Ynm(θ, φ)Y
∗
n′m′(θ, φ) sin θdθdφ = δn−n′,m−m′ . (3)
In the case of the Eigenmike, R = 42mm. Due to the orthogonal
property (3), the spherical harmonic coefficients may be calculated
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by
αnm(k) =
∫
P (R, θ, φ, k)Y ∗nm(θ, φ)
bn(kR)
sin θdθdφ. (4)
The discrete version of (4) may be used to calculate the coefficients
using the sound pressure information measured by the 32 micro-
phones on the Eigenmike,
αnm(k) =
32∑
i=1
Wi
P (R, θ, φ, k)Y ∗nm(θ, φ)
bn(kR)
sin θdθdφ (5)
where Wi are weighing factors corresponding to each microphone.
3. DIRECTION OF ARRIVAL ESTIMATION
In order to estimate the direction of arrival (DOA) of the direct
path, we used the MUSIC algorithm in the spherical harmonic do-
main [9, 10]. The main advantage of processing in the spherical
harmonic/modal domain, is the decoupling of frequency-dependent
and angular-dependent components. We exploited this result to de-
correlate any coherent signals by performing frequency smoothing
(averaging) over the broadband spectrum [9, 10, 11]. This last step
is considered to be of high importance as the coherence between
direct and reverberant signals are high. Based on the rigid array
configuration discussed in Section 1, the MUSIC spectrum was de-
fined by
fMUSIC(θ, φ) =
1
y(θ, φ)EnE
H
n yH(θ, φ)
(6)
where y(θ, φ) = [Y ′00(θ, φ) · · · · · ·Y ′NN (θ, φ)]H is the steering
vector of the Eigenmike and En is a matrix containing the noise
eigenvectors of the frequency smoothed modal cross spectrum
R =
1
I
I∑
i=1
αiα
H
i (7)
with αi = [α00(ki) · · ·αNN (ki)] representing the soundfield co-
efficients (5) at frequency ki (i = 1 · · · I). As MUSIC assumes the
noise and signal subspaces to be orthogonal, the maximum peak of
(6) was considered as the DOA estimate of the direct path speech
signal.
4. DRR ESTIMATION USING PARTICLE VELOCITY AND
SOUND PRESSURE MEASUREMENTS
A method of estimating DRR using particle velocity measurements
in addition to sound pressure measurements has been proposed in
[5]. In this section, we briefly outline this algorithm.
Assuming that both the direct and reveberant sound are plane
waves, the total particle velocity and sound pressure at a point can
be expressed as [5]
V (k) =
AD
ρ0c
ejϕ0 cosϑ0 +
∞∑
i=1
AR
ρ0c
ejϕi cosϑi, (8)
P (k) = ADe
jϕ0 +
∞∑
i=1
ARe
jϕi , (9)
where AD and AR are the magnitudes of the direct path and rever-
berant paths, respectively; ϑ0 and ϑi are the angles between the par-
ticle velocity and the direct / reverberant path impinging directions,
respectively; ϕ0 and ϕi are the phases of each impinging wave. As-
suming that the reverberation is evenly distributed for all directions,
with random phases, the following assumptions can be made:
E{ejϕ0
∞∑
i=1
ejϕi} = 0, (10)
E{
∞∑
i=1
cosϑi} = 0, (11)
∞∑
i=1
|AR|2 = |AD|2/DRR, (12)
where E{·} is the mathematical expectation.
The spectral densities can then be expressed as
SPP = E{PP ∗} = |AD|2(1 + 1DRR ), (13)
SPV = E{PV ∗} = |AD|
2
ρ0c
cosϑ0, (14)
SV V = E{V V ∗} = |AD|
2
ρ20c
2
(cosϑ0
2 + 0.5/DRR). (15)
Finally, the spatial coherence function between the particle velocity
and sound pressure can be expressed using (14),
γ =
|SPV |2
SPP × SV V (16)
=
(DRR cosϑ0)2
(1 + DRR)(0.5 + cosϑ02)
. (17)
Solving for DRR yields
DRR = − γ
2 + 2 cosϑ0
2γ2
4 cosϑ0
2(γ2 − 1)
− 2γ
√
cosϑ0
4γ2 − cosϑ02γ2 + 2 cosϑ02 + 0.25γ2
4 cosϑ0
2(γ2 − 1) . (18)
Given the measured data of sound pressure and particle velocity, the
value of γ may be calculated using (16). Substituting the calculated
γ into (18) yields the final DRR estimation.
5. ESTIMATION OF PARTICLE VELOCITY USING
SPHERICAL HARMONIC COEFFICIENTS
Typically, the particle velocity of the sound wave is measured by
a microphone with differential beam pattern. In this work, we use
the Eigenmike to synthesis the beam pattern of a differential mi-
crophone, so as to evaluate the particle velocity along an arbitrary
direction.
The beam pattern of a differential microphone is a bi-polar pat-
tern which can be expressed as
G(ϑd) = cosϑd (19)
where ϑd is the angle between the direction of microphone princi-
pal axis (θmic, φmic) and the impinging direction of the sound wave
(θ, φ). Suppose that the differential microphone is placed such that
its principal axis points at (θmic = pi/2, φmic = 0), or in other
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words parallel to the x axis in the Cartesian coordinate system, then
the beam pattern can be expressed using spherical harmonics,
Gx(θ, φ) =
Y11(θ, φ) + Y1(−1)(θ, φ)
2
(20)
Similarly, the same beam pattern with its principal axis parallel to y
axis (θmic = pi/2, φmic = pi/2) and z axis (θmic = 0, φmic = 0) can
be expressed as
Gy(θ, φ) =
Y11(θ, φ)− Y1(−1)(θ, φ)
2i
(21)
and
Gz(θ, φ) = Y10(θ, φ), (22)
respectively. Using these beam weights, the particle velocity com-
ponents of any impinging wave at these three directions can be rep-
resented using the spherical harmonic coefficients:
Vx = (α11 + α1(−1))/2, (23)
Vy = (α11 − α1(−1))/2i, (24)
Vz = α10. (25)
Using these velocity components, we can synthesis the particle ve-
locity measured at an arbitrary direction (θv, φv) by summing the
projection of these velocity vectors on the desired direction,
V (θv, φv) = Vx sin θv cosφv+Vy sin θv sinφv+Vz cos θv. (26)
In addition, it can be seen from (1) that by setting R = 0, the
sound pressure at the origin is equal to the 0th order coefficient, i.e.,
Po = α00.
5.1. Spatial averaging of the DRR estimation
The assumptions used to derive (18) are valid if the reverberant
sound field is isotropic; however, in reality this condition may not
be fulfilled, which results in an error in the DRR estimation. In ad-
dition, since we use the Eigenmike to synthesis the particle veloc-
ity measurement, it is possible to simultaneously synthesis the ve-
locity measurement at multiple directions. In our experiments, we
found out that by estimating the DRR using particle velocity mea-
surements in multiple directions simultaneously and taking their av-
erage, the final result is much more accurate and consistent over
different frequency bands.
Suppose the direct path impinging angle from the DOA estima-
tion is (θd, φd), then, using (26), we calculate the particle velocities
in multiple different directions. Then, we calculate the DRR for
each velocity direction using (18), with ϑ0 being the angle between
the direct path and the particle velocity direction. Here, the DRR
value calculated using (18) is in linear scale, therefore the final log-
scale DRR after spatial averaging is calculated as
DRR = 10 log10
(∑K
i=1 DRRi
K
)
. (27)
where DRRi represents the linear scale DRR estmation based on
velocity measurement at the ith direction, andK is the total number
of estimations being calculated.
The effect of spatial averaging is illustrated in FIG. 1. The
test data file “EM32 Purple A Bob work Fan 20dB.wav” from the
ACE database [12] is used to generate this figure. The figure depicts
the subband DRR estimation results acquired using a single veloc-
ity measurement (green curve), pointed at the direct path direction
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Figure 1: Comparison of DRR estimation accuracy with and with-
out spatial averaging.
(θd = 145
◦, φd = 90◦), as well as the DRR estimation using the
spatial averaging method (red curve), with four velocity measure-
ments pointed at (θd + 60◦, φd), (θd − 60◦, φd), (θd, φd + 60◦)
and (θd, φd − 60◦). We also include the ground truth (blue curve)
for comparison.
It can be seen from FIG. 1 that the spatial averaging method ef-
fectively improves the DRR estimation accuracy, this is particularly
true for the higher frequency bands. The DRR estimation using
single velocity measurement is 4 dB lower than the ground truth
in the 400-800 Hz band, and a significant drop can be observed at
2500 Hz. In comparison, the spatial averaged estimation show less
than 2 dB deviation from the ground truth in most frequency bands.
Our experiments show that adding more velocity estimations show
minimum improvement compared to the setup using 4 estimations,
therefore the setup used in FIG. 1 is used for all our DRR calcula-
tions.
6. PERFORMANCE ANALYSIS
6.1. Subband DRR Estimation
We use the proposed algorithm to estimate the DRR at multiple fre-
quency bands, the central frequencies are between 199 Hz and 2511
Hz. This range of frequency roughly covers the spectrum of human
voice. For lower frequencies, our algorithm is unable to reliably
estimate the DRR due to lack of speech signal energy. Also, we de-
rive the particle velocity measurements from the spherical harmonic
coefficients, and at very low frequencies, the Eigenmike cannot ac-
quire the first order harmonics with high accuracy, while at very
high frequencies, spatial aliasing prevents accurate acquisition of
any spherical harmonic coefficient.
We use the proposed method to estimate the subband DRR for
each recording in the ACE Challenge database. The mean value and
the standard deviation of the estimation errors for recordings with
18 dB SNR are shown in FIG. 2.
It can be seen from FIG. 2 that nearly all the estimated DRR
mean values fall within±3 dB of the ground truth, and the standard
deviation for each band is below 3 dB. Furthermore, the subband
error shows a decreasing trend as the frequency increases.
The subband results for recordings with−1 dB SNR are shown
in FIG. 3.
Comparing FIG. 3 with FIG. 2, we can see that with increased
noise level, the mean estimation error has increased for nearly all
subbands. Also increased is the standard deviation of the estimation
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Figure 2: Subband DRR estimation error for all rooms and config-
urations at 18 dB SNR.
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Figure 3: Subband DRR estimation error for all rooms and config-
urations at −1 dB SNR.
error, which is around 4 dB for all subbands. Furthermore, the esti-
mation accuracy no longer improves at higher frequencies, contrary
to the 18 dB SNR results. In general, we may conclude that the
proposed method can estimate subband DRR with 3 dB accuracy
for both low and high SNR, although for higher SNR, the algorithm
produces more accurate results especially at higher frequencies.
6.2. Fullband DRR Estimation
Since our algorithm is unable to reliably estimate the DRR at very
low and high frequencies, we calculate the full band DRR estima-
tion by averaging the subband results from 199 Hz to 2511 Hz only.
We carry out the calculation for all five rooms and two distances for
each room as given in the ACE database, and compare our results
with the ground truth for each case. The average error and standard
deviation of our estimations for 18 dB SNR are shown in FIG. 4.
We can see from FIG. 4 that the full band estimation error for
all room setups are within 3 dB. In particular, 5 room configurations
have 1 dB mean error, and another 3 room configurations have less
than 2 dB of error. Only two setups have a mean error of 3 dB. The
error standard deviation is also less than 2 dB for nearly all room
setups. We notice that the two room setups with the highest error
standard deviation correspond to the two lecture room recordings
with long source-to-microphone distances, which lead to low DRR
ground truths. This indicates that the proposed algorithm may be
less accurate when the reverberation is very strong.
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Figure 4: Full band DRR estimation result for all rooms and config-
urations with 18dB SNR.
7. CONCLUSION
In this paper, we propose an algorithm to perform Direct-to-
Reveberant Ratio estimation using an Eigenmike. Using the spher-
ical harmonic coefficients calculated from the Eigenmike record-
ings, we estimate the Direction-of-Arrival of the direct path, as well
as synthesis the sound pressure and particle velocity in multiple di-
rections at the center of the Eigenmike. Finally, we use an algorithm
based on coherence between particle velocities and sound pressure
to estimate the DRR.
We use the ACE evaluation database to assess the performance
of our algrithm, the results show that our algorithm can reliably
estimate the room DRR from approximately 199 Hz to 2511 Hz.
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